INTRODUCTION
One way to describe a speech signal is as a summation of a number of amplitude modulated narrow frequency bands. In this view, every frequency band can be considered to consist of a carrier signal (fine structure) and a time-varying envelope. The envelope in turn contains a variety of modulation frequencies, the amplitude of which can be illustrated by the temporal modulation spectrum. These modulations play an important role in the transmission of information in speech (of. Houtgast and Steeneken, 1985) . When processing and/or transmitting speech in some way, a faithful transfer of these modulation frequencies seerns necessary. In terms of perception, we would like to know how attenuation of the details (fast amplitude variations) or of the gross movements (slow amplitude variations) affect the understanding of everyday speech. In other words, the question is: Within which limits can specific amplitude modulations be reduced before having a detrimental effect on intelligibilit¾?
In an earlier study (Drullman et al., 1994) , the effect of temporal envelope smearing on sentence intelligibility and phoneme recognition was investigated. In this approach, the wideband signal was subdivided into a series of frequency bands (¬, «, or 1 oct wide) and the amplitude envelope of each band was low-pass filtered at a variable cutoff frequency. The results showed that preserving only modulations up to about 16 Hz yields almost the same speech-reception threshold (SRT) for sentences in noise as obtained for unprocessed speech. For lower cutoff frequenties the SRT increases, and for cutoff frequencies as low as 0-2 Hz sentence intelligibility in quiet is heavily affected if envelope filtering takes place in narrow frequency bands. Consonants, especially the stops, suffer more from severe temporal smearing than vowels.
In continuation of this, the present study was set up to investigate the effect of reducing low-frequency temporal modulations. By high-pass filtering the temporal envelope in a series of frequency bands, the extent to which intelligibility depends on the slow amplitude variations can be established. The applied signal processing and the experimental design are closely related to the low-pass filtering in the previous study. In Drullman et al. (1994) , we discussed the significance of temporal modulations for intelligibility, referring to related issues in the literature, such as the modulation transfer function (MTF), voeoders, and phoneme perception based on envelope information. Apart from the mere effect of high-pass envelope filtering, results from the pl'•,cnt study can shed light on the issue of speech intelligibility in multichannel compression systems (of. Plomp, 1988; Hohmann and Kollmeier, 1990} . Together with the earlier low-pass filtering results, more insight into the contribution of temporal modulations can be given.
In this paper we will describe two perception experiments. In experiment 1, the intelligibility for sentences in quiet and the SRT for sentences in noise were measured as a function of envelope high-pass cutoff frequency and processing bandwidth. In experiment 2, the effects on vowel The wideband speech (sampling rate of 15 625) is led through a linear-phase FIR digital filter bank, and from the output of each channel the Hilbert envelope is determined. In order to meet the requirements of the envelope filter's low cutoff frequencies, the envelope is downsampled before filtering. The actual downsampling factors used were 64 for envelope cutoff frequencies below 80 Hz, and 16 for envelope cutoff frequencies above 80 Hz. Due to downsampling (with preceding low-pass filtering), the upper-modulation frequency still present in the envelope is lowered. Therefore, direct high-pass filtering of the downsampled envelope would in fact be bandpass filtering with an upper-cutoff frequency below half the sampling frequency after downsampling. To overcome this problem, the downsampled envelope is low-pass filtered, upsampled, and subtracted from the original envelope (in the time domain). Taking the --6-rib point as cutoff frequency and a low-pass filter slope of about --80 dB/oct, this results in a modified envelope that is effectively high-pass filtered at the same cutoff frequency, with a slope of approximately +40 dB/oct. In order to maintain a sufficient level, the mean level (de) of the original envelope is added to the filtered version. Parts of the modified envelope that are still negative are set to zero (eventually resulting in a short silent interval in that particular frequency band).
For each frequency band, the modified signal is obtained by multiplying the fine structure, sample by sample, by the ratio of the modified and the original envelope. To eliminate any spectral distortion, the modified signal is low-pass filtered with a cutoff frequency 5% higher than the upper limit of the corresponding bandpass filter. Finally, all modified signals are added and the level of the new wideband signal is adjusted to have the same (wideband) rms as the input signal.
All signal manipulations were performed (non-realtime) on an Olivetti PCS 286 computer, using an OROS-AU21 card with TMS320C25 signal processor. A preliminary test revealed that senlenees presented in quiet were not completely intelligible for cutoff frequencies of 64 Hz and higher (processed in ¬-oct bands). Therefore, no reliable SRT in noise could be measured for cutoff frequencies of 64, 128 Hz, and oo. Instead, in those conditions sentences were presented in quiet and the number of correctly received sentences was scored. This will be referred to as the SIQ (sentence intelligibility in quiet) experiment. For the SRT measurements a masking noise with the same spectrum as the long-term average of the 130 sentences was used. In order to compensate for small spectral changes in the speech material due to processing, the masking noise was processed separately for each condition in the same manner as the sentences.
B. Subjects
Subjects were 42 normal-hearing students of the Free University, whose ages ranged from 18 to 27. All had puretone air-conduction thresholds less than 15 dB HL in their preferred ear at octave frequencies from 125 to 4000 Hz and at 6000 Hz. They were divided into three groups of 14, each group receiving the ten conditions for one of the three processing bandwidths.
C. Procedure
From the ten lists of 13 sentences, seven were used in the SRT experiment and three in the SIQ experiment. Lists were presented in a fixed order. The sequence of the conditions was varied according to a Latin square---7 X 7 for the aRT and 3 • 3 for the SIQ experiment--to avoid order and list effects. Having 14 subjects in a group, each sequence was presented to two subjects in the SRT experiment; in the SIQ experiment two sequences were presented to five subjects and one sequence to four subjects.
For the SIQ experiment, all three lists were presented in quiet, at a level of 70 dB(A). Every sentence was presented once, after which the subject had to reproduce it as accurately as possible. Subjects were encouraged to respond freely, even if they understood only fragments of the sentence. A response was scored as correct only if the complete sentence was reproduced correctly.
For the SRT experiment, the level of the masking noise was fixed at 70 dB(A) for each condition; the level of the sentences was changed according to an up-down adaptive procedure (Plomp and Mimpen, 1979 ). The first sentence in a list was presented at a level below the reception threshold. This sentence was repeated, each time at a 4-rib higher level, until the listener could reproduce it without a single error. The remaining 12 sentences were then presented only once, in a simple up-down procedure with a step size of 2 dB. The average signal-to-noise ratio for sentences 4-13 was adopted as the SRT for that particular condition.
The sentences in both the SIQ and the SRT experiments were presented monaurally through a headphone (Sony MDR-CD999) to the subject's ear of preference in a soundproof room. Before the actual tests, a list of 13 sentences pronounced by a male speaker was presented, in order to familiarize the subjects with the procedure. For the SIQ experiment this list consisted of sentences in the 128-Hz condition; for the SRT experiment another list in the 4-Hz condition was used. All subjects started with the SIQ experiment, continuing with the SRT experiment after a short break.
D. Results and discussion
The average results of the SIQ experiment for the three filtering conditions in the three bandwidths are plotted in The results of these experiments indicate that the intelligibility of everyday sentences with high-pass filtered envelopes remains at the same level as unprocessed speech up to a cutoff frequency of 4 Hz. For higher cutoff frequencies intelligibility decreases progressively, particularly for narrow processing bands. So, it appears that envelope modulations below 4 Hz do not aid sentence intelligibility in noise, as long as higher modulations are intact. For cutoff frequencies below 8 Hz, intelligibility does not depend on the processing bandwidth, which indicates that in these cases the spectral macro-information, i.e., the variation in overall spectral shape, is sufficiently present [see Drullman 
B. Relation with amplitude compression
The method used to process the speech signal acts directly on the temporal envelope. In view of the MTF concept discussed above, it bears some relation to multichannel amplitude compression. As has been measured by by 1.5 and 2.8 dB, respectively. These data imply that, although amplitude compression does not improve intelligibility (at least not in normal hearing), the increase in SRT is limited to about 1 dB, which is less than the 5 dB suggested by Plomp (1988) for the 8/8-ms compression. The idea of only limited loss in intelligibility is supported by data from Hohmann and Kollmeier ( 1990}, who invesrigated for normal-hearing listeners the effect of amplitude compression over 23 channels on CVC words. They used a fast 5/5-ms system with a compression threshold of 60 dB below peak level and compression ratios up to 3. For a comparatively high S/N ratio (-2 dB) practically no decrease in intelligibility was observed.
C. Comparison with temporal smearing
In case of temporal smearing (Drullman et aL, 1994) , the amplitude envelope is low-pass filtered, so that high- frequency modulations are reduced. Because the high-pass envelope filtering in the present study is accompanied by adding of the envelope mean, the two forms of degrading the temporal envelope can be described as follows. For every channel, the baseline is the mean amplitude (0-Hz component) of the entire utterance. An interesting point on the scale is the crossover frequency, which divides the modulation-spectrum range into two parts that are equally important for intelligibility. Figure 9 shows the relative SRT (i.e., the measured SRT relative to the control condition) as a function of low-and high-pass cutoff frequency, separately for the three processing bandwidths. Virtually independent of the bandwidth, the crossover frequency is about 8-10 Hz. At this frequency the masked SRT for sentences has increased by 2 dB. This means that, in a critical signal-to-noise ratio condition, reducing amplitude modulations below or above 8-10 Hz results in a loss in sentence intdligibility of 30%-40%. This crossover frequency for temporal modulations may depend on the speech material, the measure used, and/or the talker, as is the case with the audio frequency spectrum (reported audio crossover frequencies range from about 1200 to 2000 Hz; see Studebaker et al. (1987) for an overview). For the sake of completeness, crossover frequencies and corresponding scores for the vowels and consonants in experiment 2 are listed in Table II . These values are generally somewhat lower, particularly for the fricatives, indicating the need of low-frequency modulations for individual phoneme recognition. It should be noted that these crossover frequencies are based on identification scores in quiet, whereas the crossover frequencies for the sentences are based on the SRTs in noise. On average, the crossover frequency for individual phonemes in quiet tends toward 4 Hz.
As mentioned before, the vowels in the present conditions show almost the same confusion patterns as the smeared vowels. As for the consonants, the scores for the fricatives are somewhat lower, which also accounts for the category consistency. For the vowel-likes a high category consistency is found in both the present and the smeared conditions. Contrary to the smeared stops, the present stops in the severely degraded conditions are not as much perceived as frieatives, not even in the case of 100% compression. The latter may be due to the fact that the envelopes of all stimuli contained at least a 0-Hz component, so that listeners got more familiar with the speech sounds this evokes, resulting in better performance for the "difficult" (4) Comparison of results for low-and high-pass envelope filtering shows that the crossover modulation frequency for sentences is about 8-10 Hz, virtually independent of the processing bandwidth. At this frequency the masked SRT has increased by 2 dB, corresponding to a loss in intelligibility score of 30%--40%. (autospectral density functions) of x(t) and y(t) and a a normalization factor based on the mean intensities of x(t} and y(t). In this approach the phase information of the modulation components is not included. As a consequence, modulation frequencies introduced by the processing that are not in phase with the original envelope are wrongly considered to be transferred, thus underestimating the amount of reduction. In order to measure the transfer of only the original (reduced) intensity modulations a different frequency response H l(f ) should be computed, using the cross-spectrum (cross-spectral density function) •We investigated medial phonemes only. In previous identification experiments with low-pass envelope filtering (Drullman eta!., 1994}, initial and final consonants were also studied. The reason for not considering initial and final consonants this time is that the present signal processing causes a sudden onset and offset of the syllable, due to the reintroduction of the dc component in the high-pass filtered envelope. This makes the identification of final and initial consonants very difficult. One could solve this problem by giving the processed syllable a smooth rise and fall, but it is unclear how that might influence the perception. Alternatively, one could add a few hundred milliseconds of low level noise just before and after the unprocessed syllable. But since this noise will be amplified by the processing, closely attached to both ends of the syllable, one cannot speak of initial and final consonants in their proper sense anymore.
